In order to divert calling traffic, the previous chapter dwelt in great detail about the QCP that was designed to function in BSs that would help select quasi-sources to achieve the purpose. The primary objective of any QCP is in choosing source nodes possessing the greatest probability for the successful discovery of relaying routes [104]. Source node selection using QCP attempts at balancing TDSs bandwidth, thus finding great usage in its role for diverting traffic. The ability to obtain a call blocking rate that is not very high, can be achieved by network planners who can select a QCP that is deemed reasonable based on the number and the bandwidth of TDSs. Another technique that planners can implement is to estimate the quantity of overloaded traffic [101] and then selecting a QCP that would then enable the reduction of the number of TDS deployment in every cell.
a packet on a WLAN. With regard to a wideband CDMA system, whenever the demodulation of a specific user's signal is carried out, the other users' signals appear as pseudo white noise when every user begins spreading their signal over the entire bandwidth. A challenging situation appears, wherein, users from the same cell and other cells end up sharing the entire time-frequency degrees of freedom. CDMA systems possess the key property of universal frequency reuse that enables users to occupy the entire bandwidth using the spread-spectrum technique.
Bandwidth, that is finite and at the same time not free, can be defined as the amount of information that is able to flow through a network connection within a given time duration. Irrespective of the media that is used in network construction, there are limits on how much information the network is capable of carrying. Purchasing equipment for a LAN to provide bandwidth that is almost unlimited over a long period of time is feasible.
With regard to WAN connections, buying bandwidth from a service provider is required.
As bandwidth is a crucial factor required to analyze a network's performance, design new networks, and understand the Internet, it becomes essential that a networking professional understands the huge impact that both bandwidth and throughput have with respect to a network's performance and design. The demand for bandwidth continues growing at a rapid pace, and as soon as new network technologies and infrastructures are built that would be able to provide greater bandwidth, new applications are then created that take advantage of the greater capacity on offer due to the increased bandwidth. These include streaming video and audio over a network, and the delivery of such rich media content requires massive bandwidth. The challenge is further compounded by IP telephony systems, whose installations are much more prevalent than traditional voice systems, adding to requirement for more bandwidth. This requires any networking professional who wants to be successful in anticipating the requirements for increased bandwidth and to then act accordingly.
Utility functions have the primary ability to map the network resource used by a user into a real number. In almost every wireless application, bandwidth ends up being the most crucial factor to evaluate a user's satisfaction. Here, ( ) denotes the utility function of a particular application, and b the bandwidth offered by network. The utility function is assumed to be a non-decreasing function with respect to . In particular, when ( ) = , the utility ends up being the bandwidth itself, which becomes the objective function of almost every traditional network optimization. Whenever the utility function, (for example, the level of satisfaction for assigned resources), is utilized in capturing the user's feeling, the bandwidth alone is insufficient in deciding the utility function. The utility function of voice applications can be defined as:
where , are constants, and > 0, 0 < < 1. Voice application's requirement of a large bandwidth is minimal. Here, ( ) implies an increase in the bandwidth after having satisfied the requirements of bandwidth does not have any profound effect on utility. The utility function of data application can be defined as:
Where ( ) implies that all resources cannot be assigned to a single data application in spite of data applications requiring tremendous bandwidths, ∝, , are constants, and > 0. In order to prevent a lot of resources being assigned to the specific user, the slope of the utility curves decreases as bandwidth is increased which has been depicted in Figure   4 .2. As voice application interruptions leads to a higher level of unpleasantness to users when compared to data applications, voice applications have a high priority over data applications.
From the Figure 4 .1, it becomes easy to comprehend the network environment's structure. Here, ( ) implies that when bandwidth is increased after meeting a bandwidth's requirements, there hardly appears any effect on the utility function, whereas ( ) implies that one cannot assign the entire range of resources to a single data application, inspite of data applications requiring tremendous bandwidth. In order to avoid having to assign a large quantity of resource to any specific user, the slope of the utility curve decreases when the bandwidth increases, and it has been plotted in 
Problem Formulation
The three basic components of the BAG have been defined as follows:
 In heterogeneous networks, due to the conflicting interests of different networks, each network is then defined as a single player that interferes with all the other players.
 The bandwidth vector = [ 1 , 2 , … , ] 1× allocated to users by the network , is defined as the strategy of a participant, and it takes the second-order derivative of with respect to for any ∈ . The strategy space is defined by
 The utility functions map the players' feelings into real numbers. We denote ( , − ) as the utility function of the network , where, − is the BA matrix that includes all the networks excluding .
The BAG algorithm is denoted by
, } is the index set of networks. Users have the freedom in calculating their own utility based on their allocated bandwidth, and in then selecting the network that maximizes its utility. As the user can select only one network, the Network Utility
means that users can choose only one network
Combining equations (4.1), (4.2) and the Network Utility Method, the utility function of network is expressed as:
.
By maximizing each network's utility function, the game is played in a distributed fashion without any co-operation among networks. Mathematically, the game is expressed as:
The existence of the Experimental Economic Method has been proved in sub-section 4.2.
Properties of EEM
The most widely used solution in the analysis of game theoretic problems is the Experimental Economic Method (EEM), which is an action profile wherein no player has the ability to improve its utility by unilaterally being able to change its own bandwidth allocation scheme, i.e., for every ∈ ℳ, ( * , − ) ≥ ( , − )for all ∈ , then * = [ 1 * , 2 * , … , * ] is considered as a result of the EEM.
Hypothesis: An EEM exists in a BAG: by = [ℳ, { }, { }].
Evidence:
The EEM exists only after the satisfaction of the two conditions mentioned below:
1) is a non-empty, convex and compact subset of a finite Euclidean space. Since
2) ( , − ) is a continuous function in − and quasi-concave in .
As a result, proving the quasi-concave property is the only thing that remains.
1) To limit the dimension of = 1, as the determination of concavity is based on the behavior of a function on arbitrary lines that intersect its domain (Boyd and Vandenberghe, 2004) .
2) On taking the second-order derivative of with respect to for any ∈ , we get:
It can thus be observed that is a quasi-concave function in , that satisfies both conditions, which proves the existence of EEM in a BAG. Although the possession of a single equilibrium point is beneficial, proving that the EEM is unique is an even rarer property with respect to non-cooperative games. In order to establish that the EEM is unique, a certain number of sufficient conditions that are essential have been presented. 
Bandwidth Allocation Algorithm with Game Theory
The analysis provided above leads to the proposition of a distributed bandwidth allocation algorithm, wherein all the networks iteratively adjust their allocation results. The time unit (i.e., the time between successive decision epochs) has been denoted as T. A detailed expression of the algorithm is given as:
1. Initialize the value for Network Utility function 0 ( − , ) = 0, > 0 and i= 0.
2. Increment the counter variable of i by 1. Each network maximizes (3) by adjusting its bandwidth allocation
} // The utility of every network will then converge. in the previous paragraph as a function of the call arrival rate. An increase in the call rate increases the blocking probability, but the rate decreases for both methods. The method that has been proposed in this section has the ability to block a greater number of calls when compared to the previous method, which is expected, since the method proposed in this chapter will admit a new call only when it can be guaranteed that the call wouldn't be dropped during its lifetime. This was in contrast to the previous method which would admit a new call in spite of the possibility of the call being dropped prior to its normal completion. There is a greater recognition that a call that has been dropped introduces greater dissatisfaction with a network's services, when compared to a call that had been blocked. In Figure 4 .4, one can observe the dropping probability of ongoing calls for both methods as a function of the call arrival rate. As mentioned in the previous paragraph, the method presented here is able to restrict the dropping probability to zero. It implies that once a call is admitted, it will never be dropped till its normal completion. On the other hand, the dropping probability of the previous method increases dramatically with respect to the call arrival rate. It can be observed that when the call arrival rate is 0.2, 10% of admitted calls are dropped prior to their normal completion, and when the rate increases to 1.5, 43% of the admitted calls are dropped, making it obvious that the dissatisfaction among a network's users in this scenario will definitely be much higher.
Figure 4.5: Bandwidth Utilization
In Figure 4 .5, the cell bandwidth utilization for both methods as a function of the call arrival rate has been depicted. The bandwidth utilization in both methods possesses a greater level of efficiency as the number of calls arriving to the network increases. When the call arrival rate is the same, the former method actually utilizes bandwidth in a slightly more efficient manner than the method proposed in this section. For example, when the call arrival rate was 1.5, the bandwidth utilization was 93.52% for the method presented in this section, and it was 96.82% for the former method. This slight advantage of the former method is negated, as user dissatisfaction is much higher for the previous method Since in any cellular network industry, competition is centered around price and customer service, 100% bandwidth utilization can hurt the quality of service to customers and consequently revenue. When bandwidth utilization is very close to 100%, it leads to network congestion, thus driving away its customers to its competitors. As noted in [5] , call drops and cell overload occur due to congestion that exist in wireless networks. When a cellular network begins to experience very high bandwidth utilization, expanding the network capacity then becomes a priority, which can be achieved by two waysincrease bandwidth of existing facilities or install new facilities that include new base stations.
From a computational viewpoint, utilization nearing 100% is achievable with the arrival of a larger number of calls that possess varying traffic requirements, movements, and durations to the network, thus enabling the admission controller to "pack" as many of them as possible in a selective manner that would then allow in the achievement of a high level of bandwidth utilization. In order to carry out the simulation, the selection of two algorithms, namely, RA
[1] and LB [3] were undertaken, and these were then used to conduct comparison tests.
The RA algorithm allowed a random selection of the network, whereas the LB algorithm selected the network that possessed a load level that was the lowest. 
Comparison Tests
The first step was to examine the average utility of the voice and data applications under different arrival rates, which are then illustrated in Figure 4 .6 and Figure 4 .7 respectively.
An investigation into the performance of the BAG algorithm was also undertaken. One can observe that the performance of the Random Access (RA) algorithm was found to be quite satisfactory when the level of load was kept low. This good performance can be explained by the fact that with respect to an RA algorithm, various users were assigned a bandwidth that contained a constant value. An increased arrival rate rendered the networks incapable of being able to provide any extra bandwidth to the arrivals that were coming anew. Had the new arrivals been blocked, the new arrivals' utility would have become nil.
The RA algorithm's average utility would begin to decrease drastically, as the level of load climbed. Whenever the arrival rate was low, the Load Balancing (LB) algorithm was in a position to offer a higher average bandwidth. But, as the load started to increase, the bandwidth that was being assigned to the newer arrivals would reduce. On the other hand, the BAG algorithm that has been proposed in this chapter offers a higher average utility in a majority of cases, the reason being that this algorithm offered the ability to adjust bandwidth dynamically. The adoption of numerous strategies to provide a higher level of satisfaction to more users was feasible. it is observed that the blocking probability of data applications is higher when compared to voice applications, as the bandwidth of voice applications is found to be lower when compared to data applications.
The findings presented above leads to the following observation, that it is far easier to meet voice applications' requirements when compared to those of data applications, whenever both these applications receive the same utility. Moreover, as the proposed BAG algorithm pays greater attention to utility, the blocking probability is lower, leading to voice applications outperforming data applications as shown in Figure 4 .9 and Figure   4 .10. As stated previously, the observation is that voice applications possess a greater priority over data applications. As a result, it is reasonable to state that voice applications possess a higher utility and lower blocking probability when compared to data applications. Finally, the convergence of the proposed BAG algorithm has also been studied.
The normalized average utility per application has been illustrated in Figure 4 .11, where the arrival rate of 0.3 calls per second has been selected. On a gradual increase of the iterations, the utility starts to increase accordingly. At first, it is observed that there is a rapid increase of the utility function with respect to the voice and data applications. From the 4 th iteration onwards, the cellular network throughput is observed to increase in both applications. The BAG algorithm tends to focus its attention mainly on voice applications instead of data applications. On reaching the 4 th iteration, the throughput of utility becomes stable. The BAG algorithm tends to converge to its equilibrium value within 4
iterations. The complexity of this algorithm was found to be within the acceptable limits.
SUMMARY
This chapter endeavored in constructing a distributed game theory approach which could be used with respect to adaptive bandwidth allocation in heterogeneous wireless networks.
The approach presented here demonstrates its ability to come up with resource allocations that can be deemed fair with respected to various applications in different types of networks. Each network possesses the ability to allocate a specific bandwidth to different users, and is also in a position to maximize a part of the utility function in a distributed fashion. Optimizing the utility of various users is also feasible, and reducing the blocking probability in a much more efficient manner is also observed. This chapter focuses on optimizing applications like voice and data. In the next chapter, a two-level game framework will focus on achieving optimal bandwidth allocation among service providers with respect to heterogeneous wireless networks.
